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(57) Abstract 

The invention relates to a CT2 telephone system comprising at least one base station (501) connected to a public telephone network, 
and handsets (509) used by subscribers and communicating with the base station via a radio link (508). To achieve a system where the 
apparatus needed by the subscriber is as inexpensive as possible and where the roaming and handover functions can be implemented easily, 
the base station (501), which processes CT2 calls and the radio parts of which have been removed, is arranged at the exchange end of a 
subscriber line (504) of the telephone network, and that a separate timing and radio unit (505) is arranged at the subscriber end of at least 
one subscriber line (504) connected to the base station (501), the timing and radio unit comprising the radio parts (703, 704) of the base 
station, and timing means (701, 702) for syndirc>nizing the transmit/receive alternation of the radio parts (703, 704) by synchronization data 
transmitted by the base station (501). 



FOR THE PURPOSES OF INFORMATION ONLY 



Codes used to identify States party to the PCT on the front pages of pamphlets publishing international 
applications under the PCT. 



AT 


Austria 


GB 


United Kingdom 


MR 


Mauritania 


AO 


Australia 


GS 


Georgia 


MW 


Malawi 


BB 


Barbados 


GN 


Guinea 


NE 


Nigtr 


BE 


Belgium 


GR 


Greece 


NL 


Netherlands 


BF 


Burkina Faso 


HU 


'. Hungary 


NO 


Norway 


BG 


Bulgaria 


IE 


Ireland 


NZ 


New Zealand 


BJ 


Benin 


rr 


Italy 


PL 


Poland 


BR 


Brazil 


jp 


Japan 


PT 


Portugal 


BV 


Belarus 


KE 


Kenya 


RO 


Romania 


CA 


Canada 


KG 


Kyrgystan 


RU 


Russian Federation 


CF 


Central African Republic 


KP 


Democratic People's Republic 


SD 


Sudan 


CG 


Congo 




of Korea 


SE 


Sweden 


CH 


Switzerland 


KR 


Republic of Korea 


SI 


Slovenia 


a 


Cote d'lvoire 


KZ 


Kazakhstan 


SK 


Slovakia 


CM 


Cameroon 


U 


Liechtenstein 


SN 


Senegal 


CN 


China 


LK 


Sri Lanka 


TD 


Chad 


CS 


Czechoslovakia 


LU 


Luxembourg 


TG 


Togo 


cz 


Czech Republic 


LV 


Latvia 


Tj 


Tajikistan 


DE 


Germany 


MC 


Monaco 


TT 


Trinidad and Tobago . 


DK 


Denmark 


MD 


Republic of Moldova 


DA 


Ukraine 


ES 


Spain 


MG 


Madagascar 


US 


United States of America 


Fl 


Finland 


ML 


Man* 


uz 


Uzbekistan 


FR 


France 


MN 


Mongolia 


VN 


VietNam 


GA 


Gabon 











WO 95/05720 



PCT/FI94/00350 



1 

CT2 telephone system 

The invention relates to a CT2 telephone system 
according to the preamble of the attached claim 1. 
5 The second generation of the Cordless Telephone 

CT2 was originally defined by the British standard BS. 
6833 (Reference [1], the list of references is at the 
end of the specification part), and the radio parts of 
the system by the specification MPT 1334 (Reference 

10 [2]). The problem with these original standards was 
the poor definition of the protocol between the hand- 
set and the base station. When the incompatible radio 
link protocols developed by the different manufac- 
turers began to be problematic , a' committee was set up 

15 under the direction of the DTI (United Kingdom Depart- 
ment of Trade and Industry), the purpose of which was 
to define a common radio link protocol CAI (Common Air 
Interface). This is done in the specification MPT 1375 
of the Ministry of Posts and Telecommunications) 

20 (Reference [3]). 

The radio link protocol of the CT2 system will 
now be described as background information for the 
more detailed description of the invention to be 
presented below . 

25 The CT2 system has been assigned the frequency 

range between 864 and 868 MHz, which is divided into 
100-kHz channels. The 4 MHz band will thus contain 40 
radio channels. The maximum transmission power is only 
10 mW, which allows long operation periods on one hand 

30 and reduces the price of the telephone on the other. 

The CT2 system employs a two-level FSK modu- 
lation (Frequency Shift Keying) shaped by a Gaussian 
filter. The frequency deviation of 14.4 - 25.2 kHz 
above the center frequency corresponds to a binary 

35 one, whereas the deviation of 14.4 - 25.2 kHz below 
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the center frequency corresponds "to a binary zero. 

In the CT2 system, transmission and reception 
take place at the same frequency* To establish a two- 
way connection between the base station and a handset, 
5 transmission alternates with reception at the fre- 
quency of 500 Hz. This method is known as Time Divi- 
sion Duplex (TDD). When the alternation frequency of 
500 Hz is used, the length of both the transmission 
and reception period is 1 ms. The bit rate is 72 

10 kb±t/s in the CT2 system, whereby one transmission 
period contains 72 bits. However, a time of four bits 
of the transmission period is reserved for turning off 
the transmitter and for setting the frequency of the 
receiver, so that no more than 68 bits of payload data 

15 can be transmitted per one period. Synchronization 
required by the transmission connection is performed 
by synchronizing the handset to the transmit/receive 
(TX/RX) alternation of the base station and then to 
the appropriate bit rate. This will be explained more 

20 closely below. The principle of the transmit/receive 
alternation between the base station and the handset 
is illustrated in Figure 1. 

The radio link protocol may also be dealt with 
by dividing the different operations on the basis of 

25 the OSI layer to which they belong. (The. OSI model 
(Open System Interconnection) is a model defined by 
the ISO (International Standards Organization), which 
specifies the way of communication of open systems.) 

The function of layer 1 of the OSI model is the 

30 selection of a suitable radio channel and the 
establishment of a two-way digital connection. In 
signalling, the main option is the establishment of a 
point-to-point connection; however, on establishing a 
connection, it is possible for a number of base 

35 stations to page handsets at the same time, and on the 
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other hand, more than one base station is able to 
respond to the page of a handset . Radio channels are 
selected dynamically in the CT2 system, i.e. a channel 
having a sufficiently low noise level is selected 
5 automatically on establishing a connection. Due to the 
dynamic channel selection, no actual frequency 
planning is required when a network is being set up. 

The 72-kbit/s transmission capacity available on 
an individual radio channel is divided between three 
10 different information channels. (It is to be emphasiz- 
ed that information channels, not radio channels, are 
referred to herein). The information channels are 

a) signalling channel or D channel 

b) speech and data transmission channel or B 
15 channel 

cj synchronization channel or SYN channel. 
The transmission requirements of the different 
channels vary at different stages of a call, and 
therefore they can be assigned a variable amount of 

20 transmission capacity. In certain situations, one of 
the channels may be absent. Such different channel 
combinations are known as multiplexes, the CT2 system 
utilizing three such multiplexes: multiplex 1, multi- 
plex 2, and multiplex 3. In addition, two variations 

25 of multiplex 1 are available (multiplex 1.2 and multi- 
plex 1.4). 

The CT2 system uses the B and D channels in the 
same way as they, are used generally in other tele- 
communications applications, but the SYN channel is 

30 specific to the CT2 system. The SYN channel (to be 
described more closely below) is used in multiplexes 2 
and 3, when the bit and TX/RX synchronization have not 
necessarily been achieved. The channel comprises a so- 
called preamble, which consists of alternation of a 

35 binary one and a binary zero during ten bits. The 
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preamble is followed by a special 24-bit code word, 
which marks the radio channel to be used in connection 
establishment . The code words always have a pre- 
determined position in the transmission period, where- 
5 by the code word can be used for synchronizing the 
transmit /receive alternation. There are four different 
code words, two of which, CHMP and CHMF, are used when 
a link connection is attempted to be opened on a radio 
channel. CHM stands for Channel Marker > ancl the let- 

10 ters F and P indicate whether the transmitting party 
is a Fixed part (i.e. base station) or a Portable part 
(i.e. handset ) . The other two code words are SYNCP and 
SYNCF, and they indicate to the other communicating 
party that synchronization has been achieved. 

15 The code words CHMP and CHMF are each other's 

inverted values, and so are SYNCP and SYNCF. When a 
handset scans a radio channel, looking for the CHMF or 
SYNCF word, it cannot detect a code word transmitted 
by another handset. The same applies to the base 

20 station. The code words are selected so that they have 
the minimum auto-correlation and at the same time the 
minimum cross-correlation with other frequently 
occurring bit patterns. 

Multiplex 1 is used when the handset and the 

25 base station are in the speech state, i.e. a con- 
nection has been established, and the bit and TX/RX 
synchronization have been achieved- The SYN channel is 
hot transmitted at all in multiplex 1, i.e. the con- 
nection has to be re-initialized if synchronization is 

30 lost. Two variations of multiplex 1 are used: multi- 
plex 1.2, described in Figure 2a, and multiplex 1.4, 
described in Figure 2b. In both of them, the length of 
the B channel is 64 bits in one period, whereas the 
length of the D channel varies. D channel is trans- 

35 mitted in multiplex 1.2 at a 1-kbit/s rate, i.e. one 
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bit at the beginning of the period and one at the end. 
In multiplex 1.4, the rate of the D channel is double, 
i.e. 2 kbit/s, whereby two bits are transmitted at the 
beginning and two bits at the end- The B channel is 
5 used for speech transmission by inverting, in a 
sequence of bits, certain bits defined in the speci- 
fication. By the use of this method, the occurrence of 
ones and zeros will be sufficiently arbitrary. No 
actual ciphering of speech is used in the CT2 system. 
10 There, is no error detection or correction on the B 
channel . 

The interchange of the base station and handset 
identities is performed on the D channel, thus ensur- 
ing the maintenance of the radio connection. On the D 

15 channel, errors are corrected by re- transmissions, and 
if the error ratio rises excessively in view of the 
speech transmission, the radio channel can be changed 
without interrupting the call. Error detection and 
other overhead information reduce the actual trans - 

20 mission capacity of the D channel to about one half of 
the above-mentioned values, 1 kbit/s or 2 kbit/s. 

A guard time of two (multiplex 1.2) or three 
(multiplex 1.4) bits is provided at the beginning of 
each period. The guard time also determines, through 

25 the maximum delay, the maximum coverage of the cell. 

All CT2 equipments have to know multiplex 1.2, 
whereas the use of multiplex 1.4 is voluntary. 

Multiplex 2, the structure of which is shown in 
Figure 3, is used at the call establishment stage, 

30 when the base station wishes to establish a connection 
to a handset, or when a handset responds to a call 
establishment request made by the base station. Multi- 
plex 2 thus uses the D channel and the SYN channel. 
When the base station wishes to establish a connection 

35 to a handset, it has to transmit its own identity and 
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at the same time ensure that the handset is able to 
synchronize to the base station. For this reason, the 
above-mentioned 10-bit preamble 31 is transmitted by 
multiplex 2, which allows bit synchronization , and 
5 then the above-mentioned 24-bit CHM code word is 
transmitted , which allows the transmit/receive al- 
ternation to be synchronized. After the handset has 
synchronized to the base station and received the base 
station identity, it transmits the SYNCP word on the 

10 SYN channel. The base station identity LID (Link Iden- 
tification Code) is transmitted with multiplex 2 on 
the D channel, and the handset identity PID (Portable 
Identification Code) is transmitted in the other 
direction. With multiplex 2, the data speed of the D 

15 channel is, as appears from Figure 3, 16 kbit/s, of 
which about one half will be available for use after 
error detection and other overhead information. 

When a handset initiates a connection to the 
base station, problems occur in finding the right bit 

20 and TX/RX synchronization, as the base station is not 
able to synchronize to the handset. When frequency- 
division multiplexing is used, the base station has to 
contain a separate radio for each connection. A single 
radio that is not in synchronism with the others is 

25 already enough to block the reception of the other 
radios when it transmits. For this reason, the handset 
should be able to find the right synchronization. In 
order that the right synchronization could be found, 
multiplex 3 is used when a handset initiates a con- 
30 nection to the base station. 

Multiplex 3 does not follow the normal 500 Hz 
TX/RX alternation, but when the handset wishes to 
initiate a connection, it transmits a 10-ms continuous 
transmission shown in Figure 4a, and then listens for 
35 4 ms. If no response is received, the handset repeats 
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the above-mentioned sequence for five seconds. Multi- 
plex 3 contains the D channel and SYN channel. The D 
channel is divided into four 20-bit periods, each of 
which is repeated four times. In Figure 4a, these 
5 periods are indicated with the references Dl to D4. 
Each one of the periods is similar to that shown in 
Figure 4b, i.e. a 6-bit first preamble portion 41 is 
transmitted first in each one of the periods Dl to D4, 
and then, after 10 D bits, a 8-bit second preamble 

10 portion 42 (1, 0, 1, 0 ...)', whereafter 10 further D 
bits are transmitted, and finally, a 2-bit third 
preamble portion 43. After the D-channel periods, the 
SYN channel is transmitted, also four, times in suc- 
cession (cf. Figure 4a). As shown in Figure 4c, the 

15 SYN channel consists of a 12-bit preamble portion 44 
followed by a 24-bit code word CHMP. This multiplex 
structure ensures that all of the information will 
fall into the reception period of the base station. 
The D channel contains a synchronization word, a 

20 handset identity PID, and the identity LID of the base 
station to which a connection is to be established. 
After the base station has received and interpreted 
the received message, it attempts to establish a 
connection by transmitting a response to the handset 

25 with multiplex 2. 

The function of layer 2 of the OSI model is 
error detection and correction on the D channel, 
maintenance of a radio connection, identification of 
the other communicating party, and forwarding of 

30 messages over the radio link. Layer 2 also takes care 
of data transmission to layer 3. Error detection is 
performed by the CRC (Cyclic Redundancy Check) method, 
and errors are corrected by repeated transmission of 
the packet. 

35 Data is transmitted on the D channel in packet 
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format, and the transmission is based on the 
specification MPT 1317 (Reference [4]), which defines 
generally the way in which packets to be transmitted 
over a radio link should be assembled. In the CT2 
5 system, transmission on the D channel starts with a 
16-bit synchronization word followed by an ACW word 
(Address Code Word) and at the most five DCW words 
(Data Code Word)* The code words are 64 bits in 
length, and the use of DCW code words is optional. The 

10 more detailed content of the code words is described 
in Reference [3], so the code words will not be 
described more fully herein. 

Layer 3 of the OS I model transmits actual pay- 
load information to the other end of the radio link. 

15 Such information includes e.g. the numbers 0 to 9 and 
the characters # and * inputted by the user. In the 
other direction, it is possible to transfer e.g. mess- 
ages from a PBX directly to the display of a handset. 
From the viewpoint of signalling layer 3, layer 2 only 

20 establishes an interference- free transmission con- 
nection to the other end of the radio link. 

Speech encoding utilizes adaptive differential 
pulse code modulation ( ADPCM ) at a rate of 32 kbit/s. 
The algorithm to be used is defined in the CCITT re- 

25 commendation G.721, and it enables data transmission 
at the rate of 4.8 kbit/s, and the use of a telefax. 
If the power consumption of the handset is to be 
limited, it is possible to compromise over the re- 
commendation , but the quality of speech should, how- 

30 ever, meet the requirements specified in Section 2 of 
the standard BS 6833 (Reference [1]). 

Transmission of information and the operation of 
the different multiplexes in the CT2 system have been 
described above at different stages of a call. Call 

35 establishment, however, will not be described more 
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fully herein, as the present invention is not concern- 
ed with call establishment as such. Reference [5], for 
instance, gives an overall picture of call establish- 
ment . 

5 The CT2 telephone system described briefly above 

and its known applications, however, also have several 
drawbacks, which may have contributed to the fact that 
the commercial success of the system has not been as 
great as initially expected. 

10 In the prior solutions, * the base station and 

handset belong integrally together, so that when a 
subscriber has acquired a handset, it has also been 
necessary for him or her to acquire a base station, 
which is positioned in place of a conventional tele- 

15 phone. 

The CT2 system does not either support the 
roaming and handover functions known per se from 
cellular networks. The roaming function, allowing the 
subscriber to move within the area of a number of base 

20 stations (cells), is actually possible to implement by 
the known CT2 technology when a handset initiates a 
call towards the network. In such a case, the codes of 
. all telephones entitled to initiate a call have to be 
programmed in each base station from the area of which 

25 a call is to be made. This method, however, is dif- 
ficult due to the great number of base stations (the 
radius of the CT2 cell is typically only about 120 m). 
On the contrary, the known CT2 solutions have not 
allowed the implementation of the handover function, 

30 i.e. the change of the base station during an ongoing 
call, without interrupting the call. 

In order that the subscriber could acquire a 
handset without having to purchase the entire base 
station, it would be possible to distribute the 

35 functions of the base station so that at least part of 
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it would be positioned at a higher level in the 
network. Accordingly, it would not be necessary to 
replace the conventional telephone with a complete 
base station in addition to the handset. Base station 
5 functions have previously been distributed in such a 
way that the control unit of the base station has been 
connected by an optical fibre to a converter unit 
containing the radios and an optoelectric converter 
for converting an optical signal into an electric 

10 signal, and amplifiers for amplifying the electric 
signal before it is transmitted over the radio link. 
In the CT2 system, a drawback of a distributive 
solution of this type would be that the rate of the 
transmit/receive alternation would depend on the delay 

15 between the control unit and the converter unit; in 
other words, the delay between the control unit and 
the converter unit would diminish the maximum permis- 
sible delay over the radio link. 

The object of the present invention is, in fact, . 

20 to provide an improvement with respect to the above- 
mentioned drawbacks. This is achieved by a CT2 tele- 
phone system according to the invention, which is 
characterized by what is disclosed in the character- 
izing portion of the attached claim 1. 

25 The idea of the invention is to distribute the 

base station by positioning all base station functions 
except for the radio parts at the exchange end of the 
subscriber line, whereas the radio parts and timing 
means are positioned at the subscriber end of the sub- 

30 scriber line, the timing means synchronizing the radio 
parts in accordance with synchronization information 
transmitted by the base station over the subscriber 
line. 

The timing and radio unit at the subscriber end 
35 of the subscriber line does not process calls, but it 



WO 95/05720 



PCI7FT94/00350 



11 

is only locked to data to be transmitted over the 
subscriber line, the data containing the synchron- 
ization information allowing synchronization of the 
radio link between the radios and handsets. 
5 When the solution according to the invention is 

used, the equipment needed by the subscriber will be 
as inexpensive as possible, and the price of the base 
station can be divided between a plurality of sub- 
scribers, as the subscriber needs only the handset. 
10 As the transmit/receive alternation is achieved 

in the timing and radio unit on the basis of the 
synchronization information transmitted by the base 
station, the delay between the base station and the 
radios will not diminish the maximum permissible delay 
15 of the system. 

The solution according to the invention also 
allows the roaming function to be implemented more 
simply than previously, as a call from the network 
will be forwarded to the base station, which is now 
20 able to scan the area of a number of cells to look for 
the recipient. (This results from the fact that the 
base station is able to control several timing and 
radio units each one of which forms its own cell ) . 
Accordingly, the user of the telephone is not confined 
25 to the area of a single cell. 

It is also possible to implement the handover 
function, as the maintenance of a connection is no 
longer bound to a receiver and transmitter having a 
predetermined location, but the call can be switched 
30 so that it passes through a radio unit having a more 
favourable location when the connection deteriorates. 

In the following the invention and its preferred 
embodiments will be described more fully with refer- 
ence to the examples shown in Figures 5 to lib in the 
35 attached drawings, in which 
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Figure 1 illustrates transmit/receive alterna- 
tion in the CT2 system; 

Figure 2a illustrates the structure of multiplex 
1.2 used in the CT2 system; 
5 Figure 2b illustrates the structure of multiplex 

1.4 used in the CT2 system; 

Figure 3 illustrates the structure of multiplex 
2 used in the CT2 system; 

Figure 4a illustrates the structure of multiplex 
10 3 used in the CT2 system; 

Figure 4b illustrates the structure of D chan- 
nels transmitted in multiplex 3 used in the CT2 
System; 

Figure 4c illustrates the structure of SYN 
15 channels transmitted in multiplex 3 used in the CT2 
system; 

Figure 5 illustrates a system configuration 
according to the invention; 

Figure 6 illustrates one possible way of posi- 
20 tioning timing and radio units in the system according 
to Figure 5; 

Figure 7 is a block diagram illustrating a tim- 
ing and radio unit connected at the subscriber end of 
a subscriber line in the system according to Figure 5; 
25 Figure 8 illustrates the frame structure of data 

transmitted between a base station and a timing and 
radio unit; 

Figure 9 illustrates the multiframe structure of 
data transmitted between a base station and a timing 
30 and radio unit; 

Figure 10a illustrates the first shaping means 
of the timing and radio unit in more detail, the 
shaping means being used for shortening the data of 
the SYN channel when multiplex 2 is used at the call 
35 establishment stage; 
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Figure 10b illustrates the operation of the 
first shaping means shown in Figure 10a; 

Figure 11a illustrates the second shaping means 
of the timing and radio unit in more detail, the 
5 shaping means being used for lengthening the data of 
the SYN channel when multiplex 2 is used at the call 
establishment stage; and 

Figure lib illustrates the operation of the 
second shaping means shown in Figure 11a. 

10 As the ISDN basic access is clearly the most 

widely used subscriber access to a public telephone 
network, the preferred embodiment of the invention is 
such that the timing and radio unit is connected e.g. 
through an ISDN-U interface to the ISDN basic access. 

15 Before the system according to the invention is de- 
scribed in more detail, the above concepts will be 
explained briefly. 

The ISDN-U is an interface associated with the 
subscriber line connection; its standardisation is 

20 specified by CCITT. There are several draft recom- 
mendations concerning the U-interface. One of them 
defines the interface by the 2B1Q line code. 

The interface between the ISDN subscriber and 
the network offers channels of different types for the 

25 transmission of information between the subscriber and 
the network. The ISDN recommendations include B, D and 
H channels. The B channel is a 64-kbit/s channel pro- 
vided with timing and applicable e.g. in speech trans- 
mission (64 kbit/s) in compliance with the CCITT re- 

30 commendation G.711, or for the transmission of wide- 
band speech coded to 64 kbit/s. The D channel is 
primarily intended for use as a signalling channel 
over circuit-switched connections, but it may also be 
used in the transmission of packet- switched data. The 

35 rate of the D channel is 16 kbit/s or 64 kbit/s, 
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depending on the application, H channels in turn are 
wide-band channels provided with timing. 

Various channel structures are obtained for ISDN 
user accesses by combining the channels. The channel 
5 structure of the basic access is 2B+D, and that of the 
primary access 30B+D. 

As the channel structure of the basic access is 
of the format 2B+D, two B channels (both 64 kbit/s) 
and one D channel (16 kbit/s) can be connected to the 

10 ISDN subscriber line. There are thus two separate 
speech connections and one signalling channel or 
packet -switched data transmission connection available 
for the subscriber. 

Figure 5 shows one possible system configuration 

15 according to the invention. The system comprises a 
base station 501 connected e.g. to the same bus 502 as 
a subscriber network ISDN-U subscriber access board 
503 (or boards 503),, and timing and radio units 505, 
of which there are several, in this case eight, per 

20 one base station at the subscriber ends of conven- 
tional subscriber lines 504. The base station 501 is a 
CT2 base station known per se, but Its radio parts 
have been transferred into the timing and radio unit 
505 provided at the subscriber end of the subscriber 

25 line; the timing and radio unit will be described more 
closely below. In addition, the CT2 specification is 
applied in the base station in a slightly modified 
form with regard to the SYN channel of multiplex 2. 
The base station may also be provided with features 

30 known per se from cellular networks, such as the 
roaming and handover functions, which are local 
functions, i.e. operative within the area of a single 
base station 501. These features will also be de- 
scribed more fully below. 

35 An ADPCM/PCM coder 506 is also connected to the 
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system bus 502. It takes care of speech channel coding 
and decoding of a coded speech channel into a normal 
PCM speech channel. (The ADPCM coder operating at 32 
kbit/s is defined in the CCITT recommendation G.721.) 
5 The coder may also be included in the base station 
501. Moreover, the same system bus 502 has an asso- 
ciated device transferring a call to a higher level in 
the network, such as a 2-Mbit/s or 8-Mbit/s multi- 
plexer 507. 

10 The processing of the CT2 protocol (call 

processing) is thus performed in the base station 501, 
which, in practice, is able to service e.g. 30 simul- 
taneous CT2 calls. Each timing and radio unit 505 at 
the end of the subscriber line contains a radio part 

15 and a digital part shaping CT2 calls into the 2B+D 
format corresponding with the ISDN basic access, in 
order that the calls could be passed over the sub- 
scriber line. The radio parts communicate with hand- 
sets 509 via a radio link 508; there are typically a 

20 plurality of handsets within a cell formed by a single 
timing and radio unit 505. 

In the example shown in Figure 5, each timing 
and radio unit 505 is positioned in the ISDN basic 
access in place of an ISDN terminal equipment (such as 

25 an ISDN telephone), whereby the subscriber line 
services the timing and radio unit. It is" thus poss- 
ible to transfer four simultaneous CT2 calls through 
the ISDN-U interface, when the ADPCM/PCM coder is also 
positioned at the exchange end of the subscriber line. 

30 The transmission capacity required by one CT2 call is 
32+4 kbit/s (in both directions), so that the trans- 
mission capacity required by four simultaneous calls 
is 4 x 36 kbit/s = 144 kbit/s, which corresponds to 
the transmission capacity of the ISDN basic access 

35 (2B+D, 2x64 kbit/s + 16 kbit/s). In the ISDN basic 
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access, the delays of the B and D channels may differ 
from each other, which makes it difficult to use the 
basic access as a 144-kbit/s channel. The solution 
according to the invention, however, allows the B and 
5 D channels to have different delays without causing 
interference to the operation of the system. If the 
delays of the B and D channels are different, the 
magnitude of the delay difference need not be de- 
termined, as the solution according to the invention 

10 does not require that the basic access should be used 
as a transparent 144-kbit/s channel. In the speech 
state, speech is transmitted on the B channel and 
signalling on the D channel; with multiplex 2, 
signalling is transmitted on the B channel and the D 

15 channel is empty. The system according to the inven- 
tion requires not only data transmission needed by 
calls but also transmission of synchronization data 
and handover data between the base station and the 
timing and radio unit. 

20 Figure 6 shows one possible way of positioning 

the timing and radio units in a case where there are 
four units altogether. Three units 505a to 505c cover 
areas substantially tangent to each other, whereas the 
fourth unit 505d is used as a so-called umbrella cell, 

25 which covers the combined coverage area of the other 
cells. In practice, the larger coverage of the um- 
brella cell is accomplished by a greater antenna gain. 
It is known as such from other systems to use such an 
umbrella cell to release congestion situations. For 

30 instance, if four calls (the maximum number of simul- 
taneous calls) are in progress within the area of the 
cell 505a, the calls of any further subscribers 
possibly initiating a call at the same time can be 
passed through the radios of the umbrella cell. 

35 Figure 7 illustrates an individual timing and 
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radio unit 505 in more detail. The unit positioned at 
the subscriber end of the subscriber line 504 com- 
prises five main blocks, namely: an interface unit 
701, which takes care of interfacing to the ISDN 
5 subscriber line, a digital framing unit 702, which 
converts data between two different formats; radio 
transmitters 703, and radio receivers 704; and a phase 
lock 705, which generates clock pulses needed by the 
framing unit 702* The timing and radio unit further 

10 comprises an ac-coupled line transformer 707, which is 
connected between the interface unit 701 and the 
subscriber line 504; a RAM memory 708 used as a buffer 
memory between the radio parts and the ISDN-U 
interface; and a microprocessor 709 having its data 

15 bus connected to the framing unit 702 (to its data 
bus), and controlling the operations of the timing and 

I radio unit. Both the microprocessor and the framing 

unit use the RAM memory 708, wherefore a separate 
buffering circuit 710 is provided between the micro- 

20 processor and the framing unit. Data from the re- 
ceivers 704 is processed in a first shaping circuit 
711 before it is switched to the framing unit; cor- 
respondingly, data from the framing unit 702 is 
processed in a second shaping circuit 712 before it is 

25 switched to the transmitters 703. In practice, the 
timing and radio unit further comprises a power 
supply, which however is not shown for the sake of 
clarity. Power needed by the unit may also be supplied 
through the subscriber line, whereby no separate power 

30 supply is needed. 

The function of the timing and radio unit is, on 
one hand, to receive data from the subscriber line 504 
and store it in an appropriate format in the buffer 
memory 708 to wait for the start of transmission, and 

35 on the other hand, to receive transmission from the 
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radio and store it in the buffer memory 708 to wait 
for its transmission over the subscriber line. In 
addition to this, the timing and radio unit synchron- 
izes its operation in accordance with synchronization 
5 signals passed over the ISDN-U interface. 

The interface unit 701 forming the ISDN-U inter- 
face of the base station may be made up e.g. of a com- 
mercial special circuit, which converts the 2B1Q line 
code of the U interface into the GCI (General Circuit 

10 Interface) format, and vice versa. This circuit may be 
e.g. the IDSN-U-PEB 2091 circuit of Siemens. The cir- 
cuit contains adaptive echo suppression, and it is 
able to regenerate the data clock and frame syn- 
chronization. In Figure 7, the data clock signal is 

15 indicated with the reference DCL, and the frame syn- 
chronization signal with the reference FSC. In addi- 
tion to the normal 2B+D transmission (144 kbit/s), 
this circuit transmits a 4-kbit/s control channel, 
which, for instance, provides information on whether 

20 the transmission has been successful by the use of the 
CRC check. 

The above-mentioned GCI is an open interface 
specification developed by Alcatel, Italtel, GPT, and 
Siemens together. Figure 8 shows the structure of a 

25 GCI frame. The GCI frame is 32 bits in length, and its 
frame rate is 8 kHz. The duration of one frame is thus 
125 \xs and bit rate 256 kbit/s. The frame first com- 
prises two B channels (Bl and B2), each having eight 
bits per frame. They are followed by the 8 bits of the 

30 monitoring channel and then by two D channels (Dl and 
D2), one bit for each channel. The frame is terminated 
by a 6-bit control block, through which it is possible 
to transfer e.g. control data to devices connected to 
the GCI bus. The GCI will not be described more close- 

35 ly here, but Reference [6], for instance, describes 
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its contents in detail. 

The framing unit 702 shown in Figure 7 is a 
digital block which receives data DD from the inter- 
face unit 701 forming the U interface, and transmits 
5 it to the radio transmitter 703 in accordance with the 
slightly modified CT2 format. This signal is indicated 
by the reference TXout in the figure. In the shaping 
unit 712 (to be described more fully below), the CT2 
format is corrected so that it complies fully with the 

10 standard. On the other hand, the framing unit receives 
data RXin from the radio receivers 704, which data has 
first been shaped in the shaping circuit 711, and then 
transmits it to the interface unit 701. The data to be 
transmitted from the framing unit to the interface 

15 unit is indicated with the reference DU. The main 
function of the framing unit 702 is thus the change of 
protocol from GCI to CT2, and vice versa. Its other 
functions include monitoring the synchronization of 
transmission. The unit further contains the management 

20 of the RAM buffer memory 708. 

The phase-locked loop 705 generates the clock 
pulses required by the framing unit 702 from a clock 
signal DCL applied to the framing unit across the U 
interface, a basic frequency f 1 to be applied to the 

25 phase comparator of the phase lock being derived from 
the clock signal DCL by dividing. A clock signal 
obtained from the oscillator of the phase lock is 
indicated with the reference f 2 . A reference frequency 
f ref to be applied to the phase lock is obtained from 

30 this signal by dividing. 

The framing unit 702 controls writing into the 
buffer memory 708 by a signal WE (Write Enable) and 
reading from the buffer memory by a signal RE (Read 
Enable). A data bus between the framing unit 702 and 

35 the RAM memory 708 (over which data is transmitted) is 
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indicated with the reference D-BUS, and an address bus 
therebetween (over which the read and write addresses 
are given) correspondingly with the reference A-BUS. 

A clock signal TX/RX is connected from the f ram- 
5 ing unit to both the transmitters 703 and the re- 
ceivers 704 so as to switch the transmitters and 
receivers alternately to the antenna. The generation 
of the TX/RX clock signal will be described later with 
reference to Figure 9. 

10 The operations of the timing and radio unit are 

controlled by a microprocessor 709, which may be e.g. 
of the type 68HC11. In this specific structure, the 
RAM buffer memory 708 forms part of the memory space 
of the processor, wherefore a separate buffering 

15 circuit 710 is provided between the framing unit and 
the microprocessor. The data bus of the processor is 
connected to the data bus of the framing unit by latch 
circuits (not shown) contained in the buffering cir- 
cuit and used as intermediate stores between the 

20 memory and the microprocessor. (These latch circuits 
may be e.g. of the type 74HC373.) When writing into 
the memory, the microprocessor, in fact, writes data 
D_Pr and corresponding addresses A__Pr into data latch 
and address latch circuits. From the buffering 

25 circuit, data is transmitted into the actual buffer 
memory under the control of the framing unit when the 
framing unit uses the signal Pr_WE to give the buffer- 
ing circuit a permission to write into the buffer 
memory. When the processor wants to use the common 

30 memory, it applies signals Fram_WE and Fram_RE to the 
framing unit 702, which signals are the processor's 
write and read requests into the common buffer memory 
708. 

As the management of the common memory, however, 
35 is not directly relevant to the present invention, it 
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will not be described more closely herein. 

Data (DD arid DU in Figure 7 ) to be transmitted 
between the interface unit 701 and the framing unit 
702 is made up of GCI frames, the structure of which 
5 was described with reference to Figure 8 above. In 
order that conversion between GCI and CT2 would be 
possible, normal GCI frames have to be formed into a 
multiframe structure. This may be done e.g. as shown 
in Figure 9, i.e. by the use of a multiframe structure 

10 made up of 16 normal GCI frames. The synchronization 
of the multiframe is performed by a synchronization 
word SYNCW transmitted on the D channel. No other 
information associated with the multiframe structure 
need to be transmitted, but synchronization takes 

15 place by using the bit clock DCL (2 x bit rate) 
transferred across the U interface, the frame syn- 
chronization signal FSC (8 kHz), and a synchronization 
word SYNCW received over the D channels. The framing 
unit 702 contains frame counters (not shown), which 

20 count the order number of a frame transferred over the 
U interface in accordance with the multiframe struc- 
ture and, within the frame, the order number of a bit 
received from the subscriber line or transmitted to 
the subscriber line. The synchronization signal TX/RX 

25 (500 Hz) determining the transmit/receive alternation 
is derived from the signal f 2 by dividing. The con- 
cerned frame counters in turn are synchronized (set to 
zero) by the synchronization word SYNCW, whereby the 
transmit/receive alternation will be such as shown in 

30 Figure 9, i.e. such that the transmission period TX 
terminates and the reception period RX starts when the 
frame number 0 has been received from the subscriber 
line, and the following transmission period TX starts 
again when the frame number 8 has been received . 

35 In the multiframe, the D channels are divided 
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into six consecutive portions. The first four portions 
contain the D channel from and to the radios 1 to 4 in 
the CT2 format. Then follows a telecommunication chan- 
nel (frames 8 to 11) between the base station and the 
5 timing and radio unit, indicated with the reference, 
numeral 901. The last eight bits (frames 12 to 15) 
contain the above-mentioned multiframe synchronization 
word SYNCW, which determines the synchronization of 
the frame counters of the framing units. 

10 If more capacity is to be made available for 

communication between the base station and the timing 
and radio unit, it might be possible that the syn- 
chronization word is not transmitted during each 
multiframe period, but, for instance , only at each 

15 fourth time. The maintenance of synchronization could 
be monitored e.g. by one bit, that is, if the last bit 
of the synchronization word is one, zero is trans- 
mitted in place of the last bit when the entire syn- 
chronization word is not transmitted. 

20 On the telecommunication channel 901 between the 

base station and the timing and radio unit, the base 
station is able to indicate the radio e.g. of channel 
data, i.e. indicate which channel is assigned to the 
radio. Correspondingly, the timing and radio unit can 

25 use the telecommunication channel to give the base 
station information about signal level on a specific 
channel. In this way, the base station is able to 
transfer the subscriber to the area of the cell having 
the highest signal strength (handover function). 

30 In the speech transfer state, the data of four 

speech channels is transmitted on channels Bl to B4 
shown in Figure 8, each one of which contains 4 bits. 
In the speech transfer state, both of the 8-bit chan- 
nels of the GCI frame (Figure 7) are thus divided 

35 between two speech channels. It is further to be noted 
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that the interface unit 701 does not change the data 
frame structure/ but data passing on the subscriber 
line has the frame and multiframe structure shown in 
Figure 9. 

5 The framing unit 702 performs the protocol 

conversion from GCI to CT2 on generating addresses at 
which data received over the subscriber line is stored 
in the buffer memory 708. The data is thus stored in 
advance in such an order that when the contents of the 

10 memory positions are read consecutively into the 
transmitter, the data will be arranged in the right 
order, i.e. in the order required by the CT2 protocol. 
In the reverse direction/ i.e. on receiving data from 
the receivers, the framing unit stores the data in the 

15 memory in the order in which it is received, and only 
when the data is transmitted over the subscriber line, 
forms the read addresses, so that relevant data 
(complying with the GCI format) will always be read 
into the transfer register (not shown) to be trans- 

20 mitted* 

As the transmission capacity required by the 
four CT2 channels corresponds to the capacity of the 
ISDN basic access, each timing and radio unit con- 
tains, in the preferred embodiment of the invention, 

25 four radios (four transmitters TX1 to TX4, and four 
receivers RX1 to RX4), as shown in Figure 7. However, 
it has to be possible to pack these four CT2 channels 
in a reasonable manner into the 2B+D format corre- 
sponding with the ISDN basic access. When calls are in 

30 the speech transfer state, one half of the capacity of 
both of the B channels can be allocated to the speech 
transfer of one call while the required signalling is 
transmitted on the D channel. The problem itself 
occurs at the call establishment stage, as one CT2 

35 connection needs the 16-kbit/s D channel during 
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connection establishment, while calls in progress need 
all the time 1 to 2 kbit/s of the capacity of the D 
channel. However, speech need not be transmitted at 
that stage of the connection establishment when 16 
5 kbit/s of the capacity of the D channel is needed, so 
that the B channel can be used for data transmission 
during connection establishment. As the length of 
multiplex 2 used in connection establishment is 66 
bits for the D and SYN channels (cf. Figure 3), it 

10 cannot be fitted in the B channel as such. In prin- 
ciple, it could be possible to transfer multiplex 2 in 
the same way as multiplex 1.2 (cf. Figure 2a) and 
multiplex 1.4 (cf. Figure 2a), which transfer speech, 
whereas the first and last bit or 2 bits are trahs- 

15 mitted to the D channel when the other bits are passed 
to the B channel. This arrangement can be implemented 
on transferring a frame complying with multiplex 3 and 
transmitted by a handset, as the first and last bits 
are thereby not decisive for the understanding of the 

20 message. In other words, the first and last bit or 2 
bits of each period of 1 ms (66 or 68 bits, when the 
empty guard bits at the start and end of the period 
are not taken into account) is/are thus transmitted on 
the D channel of the subscriber line and the remaining 

25 bits on the B channel of the subscriber line. This, 
however, is not possible in the case of multiplex 2, 
where the first and last bit form part of 16-bit 
words, and when the delays of the B and D channels are 
different from each other, it would be very difficult 

30 to reassemble the data words at the base station. 

The problem is solved by shaping the SYN channel 
contained in multiplex 2 in the shaping units 711 and 
712. As shown in Figure 3, the SYN channel contains a 
24-bit code word and a 10-bit preamble 31, which 

35 together form a 34-bit fixed bit pattern. However, the 
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code word has to be of a predetermined format, so that 
it is not worth shaping. (This is due to the fact that 
the code word has been selected so that it meets 
certain auto- and cross-correlation requirements, 
5 which probably will not be met if the word is 
changed*) The preamble, on the contrary, is a fixed, 
known bit pattern (1010101010), the significance of 
which lies mainly in that it facilitates the bit 
synchronization of the receiver. Accordingly, the 

10 preamble can well be shortened after reception. 

Figure 10a shows the first shaping circuit 711, 
which shortens the preamble contained in the SYN 
channel by two bits so that the frame could be fitted 
in the ISDN-B channel. The shaping circuit comprises a 

15 delay line with two successive delay units 101 and 102 
and a 3:1 selector 103. The delay of both of the delay 
units corresponds to the length of one bit. Data RXin f 
from the radios is applied both to the input of the 
first delay unit and to a selector input 2. From 

20 between the delay units, data is connected to a 
selector input 1, and from the output of the latter 
delay unit 102 to a selector input 0. 

The operation of the shaping circuit 711 is 
illustrated in Figure 10b, where the first column 

25 describes time at intervals of one bit (Tl to T4), and 
the next three columns describe bits occurring at the 

selector inputs when a bit sequence ABCDEF , etc., 

is used as an example. At Tl, bit A appears at 
selector input 0, bit B at input 1, and bit C at input 

30 2. At T2, the bit sequence has moved onwards, whereby 
bit B appears at selector input 0, bit C at input 1, 
and bit D at input 2. Correspondingly, at T3, bits CDE 
appear at the inputs, and at T4, bits DEF, etc. At Tl 
and T2, the selector is in position 0, whereby bits A 

35 and B appear at the selector output. The selector is 
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then moved to position 2, whereby bits E and F appear 
at its output. Bits C and D have thus been removed 
from the output signal of the selector. The bits 
occurring at the selector output are circled in Figure 
5 10b. 

Figure 11a shows the second shaping circuit 712, 
which lengthens the preamble 31 of the SYN channel 
contained in multiplex 2 by two bits before trans- 
mission so that a standard CT2 handset would under- 

10 stand the transmission. The shaping circuit 712 
comprises a delay line with two successive delay units 
111 and 112, and a 3:1 selector 113. The delay of both 
of the delay units still corresponds to the length of 
one bit. Data from a Parallel in Serial Out (PISO) 

15 transformer 114 is applied both to the input of the 
first delay unit and to a selector input 0. From 
between the delay units, data is connected to a 
selector input 1, and from the output of the latter 
delay unit to a selector input 2. 

20 The operation of the shaping circuit is il- 

lustrated in Figure lib, where the first column 
describes time at intervals of one bit (Tl to T4), and 
the next three columns describe bits occurring at the 
selector inputs when a bit sequence ABCDEF. . . , etc., 

25 is used as an example • At Tl, bit C appears at 
selector input 0, bit B at input 1, and bit A at input 
2. At T2, the bit sequence has moved onwards, whereby 
bit D appears at selector input 0, bit C at input 1, 
and bit B at input 2. Correspondingly, at T3, bits EDC 

30 appear at the inputs, and at T4, bits FED, etc. At Tl 
and T2, the selector is in position 0, whereby bits C 
and D appear at the selector output. The selector is 
then moved to position 2, whereby bits C and D appear 
at its output. Bits C and D have thus been duplicated 

35 in the output signal of the selector. The bits 
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occurring at the selector output are circled in Figure 
lib. «r- 

In the shaping circuit 712 , the selector is in 
position 1 when normal speech is transmitted (multi- 
5 plex 1). The three-position selector is needed as the 
bit sequence complying with multiplex 2 has to be 
extended uniformly, i.e. the beginning has to be 
"advanced" by one bit (position 0) with respect to 
multiplex 1, whereas the end portion has to be delayed 

:.0 by one bit (position 2) so that two extra bits could 
be fitted in the bit sequence. If this is not done, 
the bit sequence of multiplex 2 will have a phase 
shift with respect to the bit sequence of multiplex 1, 
and thus the transmission would not comply with the 

15 CT2 standard. The same principle applies in reverse to 
the shortening performed by the shaping circuit 711. 

The shaping circuits 711 and 712 are informed 
over the telecommunication channel 901 when the radio 
uses multiplex 2, where the lengthening and shortening 

20 are performed. It is further to be noted that in the 
speech transfer state, speech data is transmitted on 
the B channels and signalling on the D channel. The 
above-described adaptation of CT2 calls to an ISDN 
basic access forms the subject matter in a parallel 

25 Finnish Patent Application 93xxxx. 

The transmission of the D channel of the CT2 
system can be performed during call establishment as 
described above in the B channel of the ISDN sub- 
scriber line without difficulties; on the other hand, 

30 the D channel of the subscriber line need to be used 
only in the speech transfer state, so that at least 8 
kbit/s of the capacity of the D channel of the sub- 
scriber line remains unused. This extra transmission 
capacity is utilized for the transmission of syn- 

35 chronization and control information as described with 
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reference to Figure 9. 

Even though the invention has been described 
with reference to the examples shown in the attached 
drawings, it is self-evident that the invention is not 
5 limited to it, but it may be modified within the 
inventive idea disclosed above and in the attached 
claims i By applying the principle according to the 
invention, it would be possible e.g. to decode encoded 
speech in the timing and radio unit and use only two 

10 radios for one timing and radio unit* The use of the 
above-described shaping means is thus not necessary; 
however, an important additional advantage will be 
lost if such means are not used, that is, the more 
efficient utilization of the capacity of the sub- 

15 scriber line. 
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Claims : 

1, CT2 telephone system comprising at least one 
base station (501) connected to a public telephone 
5 network, and handsets (509) used by subscribers and 
communicating with the base station via a radio link 
(508), characterized in that the base 
station ( 501 ) , which processes CT2 calls and the radio 
parts of which have been removed, is arranged at the 

10 exchange end of a subscriber line (504) of the tele- 
phone network, and that a separate timing and radio 
unit (505) is arranged at the subscriber end of at 
least one subscriber line (504) connected to the base 
station (501), the timing and radio unit comprising 

15 the radio parts (703, 704) of the base station, and 
timing means (701 f 702) for synchronizing the trans- 
mit/receive alternation of the radio parts (703, 704) 
by synchronization data transmitted by the base 
station (501), 

20 2. CT2 telephone system according to claim 1, 

characterized in that a plurality of 
timing and radio units (505) are connected to one base 
station (501) by means of the subscriber lines (504). 

3. CT2 telephone system according to claim 1, 
25 characterized in that a clock signal 

(TX/RX) determining the transmit/receive alternation 
is synchronized by a synchronization word (SYNCW) 
transmitted in the multiframe structure of data 
transmitted from the base station to the timing and 
30 radio unit. 

4. CT2 telephone system according to claim 1, 
characterized in that an ADPCM/PCM coder 
of the system is also arranged at the exchange end of 
the subscriber line (504). 

35 5. CT2 telephone system according to claim 4, 
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where the subscriber line is a subscriber line 
complying with the ISDN basic access (2B+D), char- 
acterized in that each timing and radio unit 
(505) comprises four radio transmitters (TX1 to TX4 j 
5 and four radio receivers ( RX1 to RX4 ) . 

6. CT2 telephone system according to claim 2, 
characterized in that the timing and 
radio units are positioned in groups of four units 
(505a to 505d) so that the three units of the group 

10 (505a to 505c) cover areas substantially tangent to 
each other „ while the fourth unit (505d) in the group 
alone substantially covers the combined coverage area 
of all the other three units* 

7. CT2 telephone system according to claim 5, 
15 characterized in that the subscribers of 

the system have at their disposal more than four 
handsets (509) for one timing and radio unit (505) 
( for one subscriber line ) * 

8. CT2 telephone system according to claim 5, 
20 characterized in that it comprises a 

handover function known per se, whereby a connection 
between the base station (501) and the subscriber 
handset (509) can be changed during an ongoing call to 
pass through any one of the timing and radio units 
25 (505) without interrupting the call. 

9. CT2 telephone system according to claim 5, 
characterized in that it comprises a 
roaming function known perse, whereby a connection 
between the base station (501) and the subscriber 

30 handset (509) can be established irrespective of which 
timing and radio unit (505) serves the area within 
which the handset (509) is located. 
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